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Description 

Cross Reference to Related Applications 

[0001] The present invention is related to application 
entitled METHOD AND APPARATUS FOR AUTOMAT- 
IC TRANSFER OF A CALL IN A COMMUNICATIONS 
SYSTEM IN RESPONSE TO CHANGES IN QUALITY 
OF SERVICE, serial number , attor- 

ney docket number 10225RR, filed even date hereof, 
and assigned to the same assignee. 

1. Field of the Invention: 

[0002] The present invention relates generally to 
communications systems and in particular to a method 
and apparatus for routing calls in a communications sys- 
tem. Still more particularly, the present invention relates 
to a method and apparatus for routing voice over Inter- 
net protocol calls within a communications system. 

2. Background of the Invention: 

[0003] Originally regarded as a novelty, Internet te- 
lephony is attracting more and more users because it 
offers tremendous cost savings relative to the traditional 
public switch network (PSTN) users can bypass long 
distance carriers and their permanent usage rates and 
run voice traffic over the Internet for a flat monthly Inter- 
net access fee. Internet telephony involves the use of 
voice over Internet protocol also referred to as "voice 
over IP" or "VoIP". This protocol is packet based in con- 
trast to the switch circuit system in a PSTN. 
[0004] For example, user A in Austin wants to make 
a point-to-point phone call to user B in the company's 
London office. User A picks up the phone and dials an 
extension to connect with the gateway server, which is 
equ ipped with a telephony board and compression-con- 
version software; the server configures the PBX to dig- 
itize the upcoming call. User A then dials the number of 
the London office, and the gateway server transmits the 
(digitized, IP-packetized) call over the IP-based wide ar- 
ea network (WAN) to the gateway at the London end. 
The London gateway converts the digital signal back to 
analog format and delivers it to the called party. With 
this calling system, expensive international long dis- 
tance charges are virtually eliminated because the call 
is set up as a local call. 

[0005] Users of communications systems are in- 
creasingly mobile and require reliability in calls, such as, 
business calls. For example, user A may want to con- 
tinue the conversation with the called party in London, 
but has to leave for an appointment. In such a situation, 
user A must terminate or hang up the voice over IP call 
and reinitiate the call on user As mobile phone by redi- 
aling the called party's number. In another example, us- 
er A calls a party on a mobile phone while in transit to 
work. When user A reaches work, user A must hang up 



the call and redial the called party's number to start a 
new call, using voice over IP. In this manner, user A re- 
duces costs for the call. 

[0006] In addition, the level of reliability and sound 
5 quality expected by users is not always available with 
voice over IP calls. This situation is primarily caused by 
bandwidth limitations that lead to packet loss in the net- 
work. When congestion occurs, delays in packet trans- 
mission may occur, resulting in packets being lost or dis- 
io carded. This packet loss causes gaps or periods of si- 
lence in the conversation between users. These gaps 
or periods of silence lead up to a "clipped-speech" ef- 
fect. Such a situation is unsatisfactory for most users 
and is unacceptable in business communications. As a 
15 result, when a user is dissatisfied with the quality of a 
voice over IP call, the user must hang up the call and 
redial the called party's number to initiate a new call us- 
ing a legacy phone to continue the conversation with the 
called party. 

20 [0007] Terminating and reinitiating calls in this manner 
is inconvenient for a caller. As a result, a caller may often 
times continue a call using a legacy phone, such as a 
mobile phone, rather than hanging up the legacy phone 
and redialing the called party's number on a terminal us- 

25 jng voice over IP. Therefore, it would be advantageous 
to have an improved method and apparatus for allowing 
a user to take advantage of voice over IP without the 
user having to terminate a call in progress and redial a 
called party's number to initiate a new call to continue 

30 the conversation. 

SUMMARY OF THE INVENTION 

[0008] The inconveniences to a user desiring flexibil- 
35 jty and mobility in a communications system providing 
calls over a packet based network, such as voice over 
IP, are minimized through the method and apparatus of 
the present invention. A request is received from a user, 
at a first terminal in a communications system, during a 
40 call to switch the call from a packet based network to a 
circuit switched network. The call is switched to a sec- 
ond terminal associated with the user in response to re- 
ceiving the request. The second terminal uses the circuit 
switched network and the call is switched to the second 
45 terminal without terminating the call. 

[0009] The present invention also provides for switch- 
ing from a path in a circuit switched network to a packet 
based network in response to a request from a user. 
When a request is received from a terminal during the 
50 call, the call is switched to another terminal using the 
packet based network. 

[0010] The switching of the call between a packet 
based network and a circuit switched network may be 
accomplished by establishing a new path to a new ter- 
55 minal on the desired network while the path through the 
present network continues to be used for the call. When 
the new path is established, the new path is joined to 
the call. The portion of the current path through the cur- 
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rent network is released or discontinued. The joining of 
the paths may be accomplished through a call confer- 
encing feature used to provide call conference func- 
tions. The destination for the call may be selected by 
associating the user with a preselected destination 
stored in a database, which is queried when the user 
makes a request to switch or transfer the call. 
[0011] Other aspects and features of the present in- 
vention will become apparent to those ordinarily skilled 
in the art upon review of the following description of spe- 
cific embodiments of the invention in conjunction with 
the accompanying figures. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0012] The novel features believed characteristic of 
the invention are set forth in the appended claims. The 
invention itself, however, as well as a preferred mode of 
use, further objectives and advantages thereof , will best 
be understood by reference to the following detailed de- 
scription of an illustrative embodiment when read in con- 
junction with the accompanying drawings, wherein: 

Figure 1 is an illustration of a communications sys- 
tem depicted in accordance with a preferred em- 
bodiment of the present invention; 
Figure 2 is a block diagram depicting a data 
processing system that may be implemented as a 
server in accordance with a preferred embodiment 
of the present invention; 

Figure 3 is a block diagram of a gateway depicted 
in accordance with a preferred embodiment of the 
present invention; 

Figure 4 is a block diagram of a gatekeeper depict- 
ed in accordance with a preferred embodiment of 
the present invention; 

Figure 5 is a block diagram illustrating functions in 
an application server depicted in accordance with a 
preferred embodiment of the present invention; 
Figure 6 is a block diagram of functions in a switch 
depicted in accordance with a preferred embodi- 
ment of the present invention; 
Figure 7 is a diagram illustrating a database used 
in transferring calls depicted in accordance with a 
preferred embodiment of the present invention; 
Figure 8 is a flowchart of a process used at a ter- 
minal to transfer a call depicted in accordance with 
a preferred embodiment of the present invention; 
Figure 9 is a flowchart of a process for use in a 
transfer application located in a server or gatekeep- 
er to transfer a call to a circuit switched network de- 
picted in accordance with a preferred embodiment 
of the present invention; 

Figure 10 is a flowchart of a process for use in a 
transfer application located in a server or gatekeep- 
er to transfer a call to a packet based network de- 
picted in accordance with a preferred embodiment 
of the present invention; 



Figure 11 is a flowchart of a process for use in a 
transfer application located in a switch to transfer a 
call to a packet based network depicted in accord- 
ance with a preferred embodiment of the present 
5 invention; 

Figure 12 is a flowchart of a process for use in a 
transfer application located in a switch to transfer a 
call to a circuit switched network depicted in accord- 
ance with a preferred embodiment of the present 
invention; 

Figure 13 is a message flow diagram of a process 
used to transfer a call from an IP network to a PSTN 
depicted in accordance with a preferred embodi- 
ment of the present invention; 
Figure 14 is a message flow diagram of a process 
for transferring a call from an IP network to a PSTN 
depicted in accordance with a preferred embodi- 
ment of the present invention; 
Figure 15 is a message flow diagram of a process 
for transferring a call from a PSTN to an IP network 
depicted in accordance with a preferred embodi- 
ment of the present invention; and 
Figure 16 is a message flow diagram of a process 
used to transfer a call from a PSTN to an IP network 
depicted in accordance with a preferred embodi- 
ment of the present invention. 

DETAILED DESCRIPTION OF THE PREFERRED 
EMBODIMENT 

[0013] With reference now to the figures and in par- 
ticular with reference to Figure 1, an illustration of a 
communications system is depicted in accordance with 
a preferred embodiment of the present invention. Com- 
munications system 100 includes a public switch tele- 
phone network (PSTN) 102, a wide area network (WAN) 
104, and a local area network (LAN) 106. Telephone 
switch 108 and wireless switch 110 are part of PSTN 
102. PSTN 102 is a circuit switched network while WAN 
104 and LAN 106 are packet-based networks. Commu- 
nications system 100 also includes gateways 112-116. 
Gateway 116 provides an interface between WAN 104 
and wireless switch 110. Gateway 114 provides an in- 
terface between WAN 104 and telephone switch 108. 
Gateway 116 provides an interface between switch (not 
shown) in PSTN 1 02. A gatekeeper 118 and an applica- 
tion server 120 are connected to WAN 104. Gateways 
112-116 provide translation of calls into the appropriate 
protocols for use in WAN 104 and PSTN 102. Gatekeep- 
er 118 provides network management functions in WAN 
104. Application server 120 provides call functions for 
voice over I P calls as well as for other types of applica- 
tions on WAN 1 04. 

[0014] Terminals in the form of a personal computer 
(PC) 122 and an IP terminal 124 are located in location 
126. In the depicted examples, location 126 may be a 
residence or office. PC 122 is connected to LAN 106. IP 
terminal 124 also is connected to LAN 106. IP terminal 
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124 may be, for example, a telephone configured for 
communication over a packet-based network (e.g. WAN 
104) 

[0015] Location 128 in communications system 100 
includes PC 130, cordless phone 132, and telephone 
134. These terminals are connected totelephone switch 
1 08. Cordless phone 1 32 and telephone 1 34 are legacy 
phones. A legacy phone in the depicted examples is a 
conventional landline or circuit switched telephone for 
use with PSTN 102. Also found in communications sys- 
tem 1 00 are mobile stations 1 36-1 40. These mobile sta- 
tions are legacy mobile phones, which are circuit 
switched terminals that communicate using switch cir- 
cuit networks. 

[0016] Communications system 100 as depicted in 
Figure 1 is intended as an illustrative example of a com- 
munications system in which the present invention may 
be implemented and not as an architectural limitation. 
For example, WAN 104 may be placed by the Internet, 
which is a worldwide collection of networks. Further, In- 
tranets also may be present within communications sys- 
tem 100. Of course, other elements not shown may be 
contained within communications system 100. 
[0017] The present invention provides a method and 
apparatus for use in a communications system, such as 
communications system 100 in Figure 1 , toconveniently 
route calls for a user wishing to switch terminals. Spe- 
cifically, the present invention allows the user to move 
or transfer an existing voice call back and forth from a 
packet based network (e.g. voice over IP network or IP 
network) and a switch circuit network (e.g. a legacy tel- 
ephone switching system). 

[0018] For example, a user may initiate a voice over 
IP call from a terminal, such as PC 122 at location 126. 
The call may be to a terminal such as, PC 1 30, cordless 
telephone 132, or telephone 134 at location 128 travels 
though a packet based network, LAN 1 06 and WAN 1 04 
before routed through a circuit switched network, PSTN 
102, to reach a terminal at location 126. If the user at 
PC 122 desires to leave location 126 and continue the 
call, the mechanism of the present invention allows the 
user to initiate a transfer of the call from PC 122 to an- 
other terminal, such as mobile station 136. In activating 
such a feature, the mechanism of the present invention 
may place the existing call on hold and transfer it to the 
appropriate mobile station. Upon answering the phone 
at mobile station 136, the mechanism of the present in- 
vention would allow the call to continue at mobile station 
136 without requiring the user to reinitiate the call. 
[0019] From a mobile station or other type of legacy 
telephone, a user may transfer a call from the legacy 
telephone to a voice over IP capable terminal to contin- 
ue the call without having to redial the called party's 
phone number. For example, a caller on mobile station 
138 initiates a call to telephone 134 at location 128 while 
traveling to location 126. When the user reaches loca- 
tion 126, the user may activate the mechanism of the 
present invention during a call and have the call trans- 



ferred to IP terminal 124 at location 126. This transfer 
occurs without the user having to redial or reinitiate the 
call to the called party at telephone 134. By activating 
the mechanism of the present invention, the call is put 
5 on hold while IP terminal 124 is called. When the user 
answers the call at terminal 124 a transfer of the call 
completes. 

[0020] Activation of the mechanism of the present in- 
vention occurs while the call is in progress and may be 

io activated by a number of different ways. For example, 
on a legacy telephone, the mechanism may be activated 
by using a feature key and dialing a feature access code 
on a phone. On a PC, the feature may be activated by 
selection of an appropriate function key or icon on a 

15 graphic user interface. 

[0021] Referring to Figure 2, a block diagram depicts 
a data processing system that may be implemented as 
a server in accordance with a preferred embodiment of 
the present invention. Data processing system 200 may 

20 be implemented as application server 120 in Figure 1 
or as a database server, such as a quality of service da- 
tabase server 118. Data processing system 200 may be 
a symmetric multiprocessor (SMP) system including a 
plurality of processors 202 and 204 connected to system 

25 bus 206. Alternatively, a single processor system may 
be employed. Also connected to system bus 206 is 
memory controller/cache 208, which provides an inter- 
face to local memory 209. I/O bus bridge 210 is connect- 
ed to system bus 206 and provides an interface to I/O 

30 bus 212. Memory controller/cache 208 and I/O bus 
bridge 210 may be integrated as depicted. 
[0022] Peripheral component interconnect (PCI) bus 
bridge 214 connected to I/O bus 212 provides an inter- 
face to PCI local bus 216. A number of modems may be 

35 connected to PCI bus 216. Typical PCI bus implemen- 
tations will support four PCI expansion slots or add-in 
connectors. Communications links to network comput- 
ers 108-112 in Figure 1 may be provided through mo- 
dem 21 8 and network adapter 220 connected to PCI lo- 

40 cal bus 216 through add-in boards. 

[0023] Additional PCI bus bridges 222 and 224 pro- 
vide interfaces for additional PCI buses 226 and 228, 
from which additional modems or network adapters may 
be supported. In this manner, server 200 allows connec- 
ts tions to multiple network computers. A memory-mapped 
graphics adapter 230 and hard disk 232 may also be 
connected to I/O bus 212 as depicted either directly or 
indirectly. 

[0024] Those of ordinary skill in the art will appreciate 
50 that the hardware depicted in Figure 2 may vary For 
example, other peripheral devices, such as optical disk 
drives and the like also may be used in addition to or in 
place of the hardware depicted. The depicted example 
is not meant to imply architectural limitations with re- 
55 spect to the present invention. 

[0025] The data processing system depicted in Fig- 
ure 2 may be, for example, an IBM RISC/System 6000 
system, a product of International Business Machines 
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Corporation in Armonk, New York, running the Ad- 
vanced Interactive Executive (AIX) operating system. 
Furthermore, data processing system 200 may be im- 
plemented as an end user PC, such as end user PC 122 
or end user PC 1 30. An adapter allowing a user to place 
voice calls would be added for use in an end user PC. 
[0026] Figures 3-6 are block diagrams illustrating ex- 
amples of components that may be used to implement 
the processes of the present invention. With reference 
now to Figure 3, a block diagram of a gateway is de- 
picted in accordance with a preferred embodiment of the 
present invention. Gateway 300 is an example of a gate- 
way, such as gateways 112, 114, or 116 in Figure 1. 
Gateway 300 provides all of the logical and electrical 
translation functions required to provide communica- 
tions between a packet based environment, such as 
WAN 104, and a circuit switched environment, such as 
PSTN telephone switch 110 in Figure 1. The functions 
of gateway 300 are implemented along International Tel- 
ecommunications Union's ITU-T Recommendation H. 
323, which is a standard describing systems and equip- 
ment for use in providing multi-media communications 
over packet based networks. Gateway 300 in Figure 3 
contains a packet-based function 302, which serves to 
communicate with packet based network devices. 
Switch circuit function 306 in gateway 300 is employed 
to communicate with circuit switched network devices. 
Conversion function 304 provides protocol conversion 
functions for conversion of data and other signals sent 
between the two environments. For example, if a voice 
call is flowing from a telephone switch to a WAN using 
gateway 300, the telephony-based traffic is compressed 
and placed into IP packets and routed on to the WAN. 
[0027] With reference now to Figure 4, a block dia- 
gram of a gatekeeper is depicted in accordance with a 
preferred embodiment of the present invention. Gate- 
keeper 400 provides network management functions. 
Gatekeeper 400 provides call control in routing, basic 
telephony services, bandwidth allocation, total network 
usage control, and system administration and security 
policies. Gatekeeper 400 contains address translation 
function 402, which provides address translation on a 
packet-based network. For example, address transla- 
tion function 402 may provide a directory service allow- 
ing users to enter an alias address, which is converted 
into a network address for the terminal to use. The alias 
address may be, for example, a telephone number, an 
extension number, or a name. Access function 414 pro- 
vides the access control used to determine whether a 
terminal can make or accept a call. Access function 41 4 
is used to determine whether a terminal is allowed to 
access gateways to make outside calls. Bandwidth 
function 406 is used to determine the amount of band- 
width that is allocated for a call. 

[0028] Gatekeeper 400 also includes a transfer appli- 
cation 408, which is used to provide the transfer func- 
tions of the present invention. In particular transfer ap- 
plication 408 will receive signals or requests from a user 



to transfer a voice over I P call using a packet-based net- 
work to a legacy telephone system call using a circuit 
switched network. The destination for the transferred 
call and information used to transfer the call is obtained 
5 from database 410 in the depicted examples. 

[0029] With reference now to Figure 5, a block dia- 
gram illustrating functions in an application server is de- 
picted in accordance with a preferred embodiment of the 
present invention. Application server 500 is an example 
10 of an application server, such as application server 120 
in Figure 1. In the depicted examples, application server 
500 may include a transfer application 502 similar to 
transfer application 408 located within gatekeeper 400 
in Figure 4. Transfer application 502 will detect requests 
15 to transfer calls between packet-based networks and 
circuit switched networks. The information for identifying 
the destination and transferring the call is located in da- 
tabase 504 in application server 500. 
[0030] Turning to Figure 6, a block diagram of func- 
20 tions in a switch is depicted in accordance with a pre- 
ferred embodiment of the present invention. Switch 600 
may be implemented as telephone switch 108 or wire- 
less switch 1 1 0 in Figure 1 . Switch 600 includes switch- 
ing function 602, which is used to route calls. Addition- 
's ally, transfer application 604 is present within switch 
600. This application will transfer a call to a path through 
a circuit switched network in response to a signal or call 
from a user at a terminal to transfer the call. The infor- 
mation used to transfer the call is found in database 606. 
30 [0031] With reference now to Figure 7, a diagram il- 
lustrating a database used in transferring calls is depict- 
ed in accordance with a preferred embodiment of the 
present invention. Database 700 contains entries, such 
as entries 702 and 704, which contain information used 
35 to transfer calls between a packet based network and a 
circuit switched network. 

[0032] Entry 702 contains an example of information 
used by a switch to transfer a call. Entry 702 is found in 
a database used by a switch, such as database 606 in 
40 Figure 6. Entry 702 includes a subscriber PSTN direc- 
tory, number (DN) field 706 and a target DN/IP field 708. 
Subscriber PSTN DN fields 706 contains the subscrib- 
ers telephone number. In this example, the number is 
"972-684-5555". This field is used to identify the target 
45 destination when a request is received from a user to 
transfer a call. The target destination is located in target 
DN/IP field 708. This field includes a telephone number 
and/or IP address of the destination. In this example, 
the target DN/IP is "972-654-5555/47.127.157.129". 
50 The directory number may be used by some networks 
to reach a terminal. In such a network, a gatekeeper pro- 
vides a directory service to translate the directory 
number into the appropriate IP address. The IP address 
is the address of the terminal on the network. Other ad- 
55 dress formats may be used depending on the protocol 
employed. This information is used by a transfer appli- 
cation to forward or transfer a call to the target destina- 
tion from the terminal at which the user requested the 
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transfer. 

[0033] Next, entry 704 is an example of an entry in a 
database found in a gatekeeper, such as database 410 
in Figure 4. Entry 704 includes a subscriber LAN I P field 
710, which contains an identification of the terminal at 
which the user is located. The entry in this field is an IP 
address in the depicted examples, but may be another 
type of address depending on the type of protocol used 
on the network. In this example, the address is 
"47. 1 27.57.1 29". Target DN field 71 2 contains the direc- 
tory, number of the target destination to which the call 
must be transferred if the user activates the feature. In 
this example, the target DN is "972-684-5555" and is 
directed towards a destination and a circuit switched 
network. Entry 704 also may be used in database 504 
in application server 500 in Figure 5. 
[0034] With reference now to Figure 8, a flowchart of 
a process used at a terminal to transfer a call is depicted 
in accordance with a preferred embodiment of the 
present invention. A user may desire to transfer a call 
from a packet-based network to a circuit switched net- 
work for various reasons. For example, if the quality of 
service on a packet-based network is unacceptable or 
the user wants more mobility, the user will use this proc- 
ess to transfer the call. A user may transfer a call from 
a circuit switched to a packet-based network for various 
reasons. For example, the user may desire to obtain 
cheaper rates for the call. Also, the user may desire to 
use the terminal on the packet-based network to send 
a data file to the called party while continuing the con- 
versation with the called party. 

[0035] The process begins by activating the feature 
(step 800). A user of a terminal may activate the feature 
in a number of ways. For example, if a user on an IP 
terminal wants to transfer an existing voice over IP tel- 
ephone call to a traditional legacy terminal, such as a 
telephone, the user would depress a feature key or enter 
an access code to activate the transfer feature. On a 
legacy terminal, such as a mobile phone, a landline 
phone, or a cordless phone, the same type of mecha- 
nism may be used to activate the transfer feature of the 
present invention. Thereafter, a request is sent by the 
terminal to the switch to transfer the call (step 802). The 
request is sent to a switch, a server, or a gatekeeper in 
the depicted examples. A request transferring the call 
from a path using a packet based network to a path us- 
ing a switch circuit network is sent to a switch. The re- 
quest is sent to a server or gatekeeper if the requested 
transfer is from a circuit switched network to a packet 
based network. 

[0036] Optionally, the user could enter a directory 
number or IP address for the desired destination. Such 
a selection of the destination may be used in place of a 
pre-selected destination for the user stored in a data- 
base. 

[0037] Turning next to Figure 9, a flowchart of a proc- 
ess for use in a transfer application located in a server 
or gatekeeper to transfer a call to a circuit switched net- 



work is depicted in accordance with a preferred embod- 
iment of the present invention. This process is employed 
to transfer a call on a packet-based network to a circuit 
switched network. 

5 [0038] The process begins by receiving a request to 
transfer the call to a circuit switched terminal on a circuit 
switched network (step 900). The directory number for 
the terminal for the user is identified by querying a da- 
tabase of subscribers located at the server (step 902). 

10 The IP address of the terminal originating the request 
for the transfer is mapped to a predefined directory 
number, which is accessible via the circuit switched net- 
work. Specifically, the IP address is used to locate the 
entry for the user. This entry is an entry, such as, for 

15 example, entry 704 in Figure 7. The server then initiates 
a call to the destination selected for the user (step 904). 
The process then waits for an answer from the terminal 
at the destination (step 906). The process then reroutes 
any remnants of the path if needed (step 908). The proc- 

20 ess then releases the IP terminal (step 910) with the 
process terminating thereafter. 

[0039] With reference now to Figure 10, a flowchart 
of a process for use in a transfer application located in 
a server or gatekeeper to transfer a call to a packet 

25 based network is depicted in accordance with a pre- 
ferred embodiment of the present invention. This proc- 
ess is used to handle a request from a switch to transfer 
a call to a packet-based network. The process begins 
by receiving a request to complete a call to an IP device 

30 (step 1000). The IP terminal to which the call is to be 
sent is identified (step 1002). This step is accomplished 
by taking the directory number from the request and 
mapping it to a pre-identified IP address to which the 
directory number is associated. The directory number 

35 may be used to identify an entry, such as entry 704 in 
Figure 7. In the depicted example, the directory number 
is the directory number at which the user is located. Al- 
ternatively, the request could include the IP address of 
the user or use directory functions in the gatekeeper. 

40 Upon locating the address for the terminal, a call path 
is established to the terminal (step 1004). Thereafter, 
the IP terminal is presented with the call (step 1006). 
The server then waits for an answer (step 1 008). When 
an answer occurs at the IP terminal, the answer is re- 

45 turned to the switch (step 1010) with the process termi- 
nating thereafter. 

[0040] With reference next to Figure 11, a flowchart 
of a process for use in a transfer application located in 
a switch to transfer a call to a packet based network is 

50 depicted in accordance with a preferred embodiment of 
the present invention. This process is employed in a 
transfer application, such as transfer application 604 in 
Figure 6 ; to move or transfer an existing call from a leg- 
acy terminal on a circuit switched network to an IP ter- 

55 minal on a packet based network. 

[0041] The process beings by receiving a request to 
transfer the call to an IP terminal (step 1100). The re- 
quest is received from a user on a legacy terminal. Next, 
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IP terminal for the user is identified by querying a data- 
base of subscribers located at the switch (step 1102). 
This query locates an entry such as entry 702 in Figure 
7. Entry 702 provides a target DN or IP address for the 
terminal on the packet-based network to which the call 
is to be forwarded. Thereafter, the switch initiates a call 
to the destination identified in the entry (step 1104). The 
switch then waits for an answer (step 1106). When an 
answer is received, the switch will clean up remnants of 
the call (step 1108) with the process terminating there- 
after. Since the path for the transferred call is optimized 
to not pass through the switch if the switch is not re- 
quired, the switch releases all the hardware and soft- 
ware resources previously associated with the call, 
These resources include, for example, trunk circuits, 
PSTN telephones, and time division multiplex (TDM) 
network connections and/or paths. 
[0042] With reference now to Figure 12, a flowchart 
of a process for use in a transfer application located in 
a switch to transfer a call to a circuit switched network 
is depicted in accordance with a preferred embodiment 
of the present invention. This process is initiated in re- 
sponse to a request from a server in a packet-based net- 
work to transfer a call to a legacy terminal in a circuit 
switched network. 

[0043] The process begins by receiving a request to 
complete a call to acircuit switched terminal (step 1200). 
The circuit switched terminal to which the call is to be 
sent is identified (step 1202). This step is accomplished 
by taking the IP address from the request and mapping 
it to a pre-identified directory number to which the IP 
address is associated. Upon locating the directory 
number for the terminal, a call path is established to the 
terminal (step 1 204). Thereafter, the circuit switched ter- 
minal is presented with the call (step 1206). The switch 
then waits for an answer (step 1208). When an answer 
occurs at the circuit switched terminal, the answer is re- 
turned to the server (step 1210) with the process termi- 
nating thereafter. 

[0044] The message flow diagrams described below 
in Figures 13-16 illustrate examples of the present in- 
vention. The diagrams are described with respect to a 
packet-based network in the form of an IP network and 
with respect to a circuit switched network in the form of 
a PSTN using time division multiplexing (TDM). These 
flows can be applied to other types of networks other 
than the ones described. For example, without limita- 
tion, packet based networks, such a frame relay and 
asynchronous transfer mode (ATM) networks also may 
used. 

[0045] Turning now to Figure 13, a message flow di- 
agram of a process used to transfer a call from an IP 
network to a PSTN is depicted in accordance with a pre- 
ferred embodiment of the present invention. This mes- 
sage flow diagram illustrates the sequence of messages 
occurring when a user originating a call requests the call 
to be transferred. A request is received by a gatekeeper 
or other call server from an IP terminal on an IP network 



to transfer the call from the IP network to the PSTN (step 
1300). This terminal is the originator's IP terminal. In re- 
sponse; the gatekeeper sends a message to a gateway 
to initiate a call to a pre-subscribed directory number 

5 (step 1302). The gateway forwards this message to a 
telephone switch, which is also referred to as a "first 
switch" in these examples (step 1304). The switch uses 
the directory number to send an origination message to 
the PSTN terminal identified using the directory number 

io and to cause the terminal to ring (step 1306). The gate- 
keeper also sends a request to the gateway to initiate a 
call to the called party's directory number (step 1308). 
The gateway sends the called party's called directory 
number to a second switch (step 1310). This switch in- 

15 itiates a call to the called party's directory number 
through the PSTN (step 1312). An answer message is 
from originator's terminal on the PSTN (step 1314). This 
occurs when the user picks up or answers the PSTN 
telephone. An answer is received from the PSTN when 

20 a new path is established by the second switch to the 
called party's terminal (step 1316). Steps 1312-1316 in- 
volve the use of existing conference features to put the 
calls together. The steps involve the use of a conference 
bridge located in the second switch. The answers are 

25 returned in a message from the switch to the gateway 
(step 1318). The gateway relays the message to the 
gatekeeper (step 1320). In response, the gatekeeper 
sends a release message to the IP terminal to release 
the IP terminal from the call (step 1322). 

30 [0046] In Figure 14, a message flow diagram of a 
process for transferring a call from an IP network to a 
PSTN is depicted in accordance with a preferred em- 
bodiment of the present invention. This flow is from the 
perspective of the second switch described in Figure 

35 13. 

[0047] A message is received by the switch from first 
switch in the PSTN with a party's directory number (step 
1 400). A conference feature is initiated by the switch us- 
ing a conference bridge in the switch. A new call path is 

40 established to the terminator's terminal (step 1 402). At 
this time a path is present from the switch to the called 
panics terminal to first port in the conference bridge. A 
second path is present from the original IP based call 
from the originating IP terminal to a second port in the 

45 conference bridge. Another path is present that leads 
from a third port in the conference bridge to the origina- 
tor's PSTN telephone. The conference port will put the 
paths together to "conference" the call. An answer is re- 
ceived by the switch from the called party's terminal 

50 (step 1404). The called party need not take any action 
in this case. The answer is an acknowledgment that the 
path is present. The party will hang up or terminate the 
call from the IP terminal or the gatekeeper can drop the 
call to the IP terminal. At that time, the switch will release 

55 the port to the IP terminal and the call on the other two 
ports will continue. 

[0048] Thereafter, the switch sends the answer mes- 
sage to the first switch in the PSTN (step 1406). The 
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switch also releases the resources in the old call path 
by sending a request tothe first switch in the PSTN (step 
1408). At this time the call has been successfully trans- 
ferred. 

[0049] With reference to Figure 15, a message flow 
diagram of a process for transferring a call from a PSTN 
to an IP network is depicted in accordance with a pre- 
ferred embodiment of the present invention. A request 
is received from an PSTN terminal by a switch to transfer 
the call to an IP network (step 1500). In response, the 
switch sends a message to a gateway to initiate a call 
to a pre-subscribed directory number (step 1502). The 
gateway sends the request to a gatekeeper or other ap- 
plication server on the IP network (step 1504). Thereaf- 
ter, an origination message is sent to the originator's IP 
terminal and the IP terminal rings or indicates a call is 
present to be answered (step 1506). The switch also 
sends a request to the gateway to initiate a call to the 
called party through the IP network (step 1508). The 
gateway also will send the called party's directory, 
number from the request to the gatekeeper (step 1510). 
The gatekeeper then initiates a call to the called party's 
directory number to the IP network (step 1512). An an- 
swer is received from the originator's IP terminal (step 
1514). An answer also is received from the packet- 
based network (step 1516). Steps 1512-1516 are steps 
used in conference call functions to join calls as de- 
scribed above. 

[0050] An answer message is received by the server 
to the gateway in response to the gatekeeper receiving 
the answers from the two terminals (step 1518). The 
message is relayed by the gateway to the switch (step 
1520). In turn, the switch will send a release message 
tothe originator's PSTN terminal (step 1522). 
[0051] Next, Figure 16 is a message flow diagram of 
a process used to transfer a call from a PSTN to an IP 
network is depicted in accordance with a preferred em- 
bodiment of the present invention. A message is re- 
ceived by a switch from the WAN in the IP network with 
a called parties directory number (step 1 600). A confer- 
ence call feature is initiated by the switch. A new call 
path is established by the switch to the terminator's ter- 
minal (step 1602). An answer message is returned by 
the terminator's terminal tothe switch (step 1604). The 
answer message is sent by the switch to the network 
(step 1 606). In response, the switch will send a message 
to release old call path resources (step 1608). At this 
point, the call has been transferred. 
[0052] Thus, the present invention provides an im- 
proved method an apparatus for transferring calls with- 
out the user having to hang up or terminate a call at the 
terminal and reinitiate the call at a desired terminal. The 
present invention provides this advantage by allowing 
the call to be automatically transferred in response to 
an activation of a feature. The call is transferred to a pre- 
selected destination at which the user desires to contin- 
ue the call. In this manner, a user may switch the path 
of a call in progress back and forth between a packet- 



based network and a circuit switched network. 
[0053] It is important to note that while the present in- 
vention has been described in the context of a fully func- 
tioning data processing system, those of ordinary skill 
5 in the art will appreciate that the processes of the 
present invention are capable of being distributed in the 
form of a computer readable medium of instructions and 
a variety of forms and that the present invention applies 
equally regardless of the particular type of signal bear- 
ing media actually used to carry out the distribution. Ex- 
amples of computer readable media include recordable- 
type media such a floppy disc, a hard disk drive, a RAM, 
and CD-ROMs and transmission-type media such as 
digital and analog communications links. 
[0054] The description of the present invention has 
been presented for purposes of illustration and descrip- 
tion, but is not intended to be exhaustive or limited to 
the invention in the form disclosed. Many modifications 
and variations will be apparent to those of ordinary skill 
in the art. The various illustrated components used in 
transferring calls may be placed in different locations in 
the communications system other than those in the de- 
picted examples. For example, the transfer application 
is illustrated as being located in an application server or 
gatekeeper in a packet based network in the examples. 
The transfer application may be located in other places 
within a packet-based network, such as a call server. 
Some of the processes in the transfer application may 
be split out. For example, the directory translation may 
be performed at a terminal in which the terminal pro- 
vides the directory number of the target. Although the 
depicted examples involve voice over IP, the processes 
may be applied to other packet-based protocols. Fur- 
ther, although the examples used a conferencing mech- 
anism to make the transfer, other mechanism may be 
used. For example, the call between the parties could 
be put on hold such that the called party hears nothing 
or music on hold momentarily until the caller picks up at 
the terminal to which the call was transferred. 
[0055] The embodiment described was chosen and 
described in order to best explain the principles of the 
invention, the practical application, and to enable others 
of ordinary skill in the art to understand the invention for 
various embodiments with various modifications as are 
suited to the particular use contemplated. 



Claims 

50 1. A method in a communications system for routing 
a call, the method comprising: 

receiving a request from a user, at a first termi- 
nal, during a call to switch the call from a packet 
55 based network to a circuit switched network; 

and 

responsive to receiving the request, switching 
the call to a second terminal associated with the 
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nal, during a call to switch the call from a circuit 
switched network to a packet based network; 
and 

responsive to receiving the request, switching 
5 the call to a second terminal associated with the 

user, wherein the second terminal uses the 
packet based network and wherein the call is 
switched to the second terminal without termi- 
nating the call. 

10 

11. A communications system comprising: 

a circuit switched network; 
a packet based network; 
15 a first terminal connected to the packet based 

network; 

a second terminal connected to the circuit 
switched network; 

a switch connected to the circuit switched net- 
20 work and the packet switched network, wherein 

the switch has a plurality of modes of operation 
including: 

a first mode of operation, responsive to re- 
25 ceiving a request to switch a request from 

the first terminal to switch to an active call 
between the first terminal and a destination 
terminal from the packet based network to 
the circuit switched network, in which the 
30 switch establishes afirst path to the second 

terminal; and 

a second mode of operation responsive to 
establishing the first path, in which the 
switch joins the first path to a second path 
35 to the first terminal and to a third path to the 



user wherein the second terminal uses the cir- 
cuit switched network and wherein the call is 
switched to the second terminal without termi- 
nating the call. 

2. The method of claim 1 , wherein the step of switch- 
ing comprises: 

creating a path from the second terminal on the 
circuit switched network to a destination termi- 
nal; and 

continuing the call using the path on the circuit 
switched network. 

3. The method of claim 1 , wherein the path leads to a 
destination terminal and wherein the step of initiat- 
ing comprises: 

establishing a path from the second terminal on 
the circuit switched network to the destination 
terminal; and 

responsive to an answer at the second termi- 
nal, using the path to continue the call without 
interruption. 

4. The method of claim 1 , wherein the first terminal has 
a first path to a switching node and a second path 
from the switching node to a destination node and 
wherein the step of switching comprises: 

creating a third path to the second terminal on 
the circuit switched network; and 
joining the third path to the second path, where- 
in the second terminal is joined into the call. 

5. The method of claim 4 further comprising: 

joining the third path to the first path, wherein 
the second terminal is joined into a conference call. 

6. The method of claim 5, wherein the first path, the 
second path, and the third path are joined at a con- 
ference bridge in the switching node. 

7. The method of claim 1 , wherein the second terminal 
is associated with the user by associating the user 
with a directory number assigned to the second ter- 
minal. 

8. The method of claim 1 , wherein the second terminal 
is associated with the user in a database. 

9. The method of claim 8 S wherein the database is lo- 
cated in a switch. 

10. A method in a communications system for routing 
a call, the method comprising: 

receiving a request from a user, at a first termi- 



destination terminal. 

12. The communications system of claim 11, wherein 
the second terminal is a wireless telephone. 

40 

13. A switch comprising: 

a plurality of communications ports; 
a switch fabric connected to the plurality of 
45 communications ports; and 

a processing unit, wherein the processing unit 
controls routing of calls through the switch fab- 
ric; 

wherein the processing unit, responsive to re- 
50 ceiving a request from a first terminal in com- 

munication with the switch through a first path 
using a packet based network to move a call in 
progress to a circuit switched network, estab- 
lishes a second path to a second terminal as- 
55 sociated with a user and joins the second path 

to the call in progress, wherein the second ter- 
minal is used to continue the call in progress. 
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14. The switch of claim 13, wherein the second path is 
established when an answer message is returned 
from the second terminal. 

15. The switch of claim 1 3, wherein the processing unit 
sends a message to release at least a portion of the 
first path using the packet based network such that 
the second path and any remaining portion of the 
first path use the circuit switched network. 

16. A computer comprising: 

a communications unit, wherein the communi- 
cations unit handles receiving and transmitting 
packets in a packet based network; and 
a processing unit, wherein the processing unit 
routes packets received by the communica- 
tions unit and wherein responsive to receiving 
a request from a terminal handling a voice call 
in progress to reroute the voice call in progress 
to a circuit switched network, the processing 
unit sends a request to a circuit switched net- 
work to reroute the call through the circuit 
switched network. 

17. The computer of claim 16, wherein the processing 
unit routing releases the terminal in response to re- 
ceiving an indication that a path has been estab- 
lished through the circuit switched network. 

18. The computer of claim 16, wherein the indication is 
an answer message received from the circuit 
switched network. 

19. The computer of claim 16, wherein the computer is 
gatekeeper. 

20. The computer of claim 16, wherein the computer is 
a call server. 

21. A communications system for routing a call, the 
communications system comprising: 

receiving means for receiving a request from a 
user at a first terminal, during a call to switch 
the call from a packet based network to a circuit 
switched network; and 

switching means, responsive to receiving the 
request, for switching the call to a second ter- 
minal associated with the user, wherein the 
second terminal uses the circuit switched net- 
work and wherein the call is switched to the sec- 
ond terminal without terminating the call. 

22. A communications system for routing a call, the 
communications system comprising: 

receiving means for receiving a request from a 



user, at a first terminal, during a call to switch 
the call from a circuit switched network to a 
packet based network; and 
switching means, responsive to receiving the 
5 request, for switching the call to a second ter- 

minal associated with the user, wherein the 
second terminal uses the packet based net- 
workand wherein the call is switched tothe sec- 
ond terminal without terminating the call. 

10 

23. A computer program product in a computer reada- 
ble medium for routing a call, the computer program 
product comprising: 

is first instructions for receiving a request from a 

user, at a first terminal, during a call to switch 
the call from a packet based network to a circuit 
switched network; and 

second instructions, responsive to receiving 
the request, for switching the call to a second 
terminal associated with the user wherein the 
second terminal uses the circuit switched net- 
work and wherein the call is switched to the sec- 
ond terminal without terminating the call. 

A computer program product in a computer reada- 
ble medium for routing a call, the computer program 
product comprising: 

first instructions for receiving a request from a 
user, at a first terminal, during a call to switch 
the call from a circuit switched network to a 
packet based network; and 
second instructions, responsive to receiving 
the request, for switching the call to a second 
terminal associated with the user wherein the 
second terminal uses the packet based net- 
work and wherein the call is switched tothe sec- 
ond terminal without terminating the call. 
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